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Summary 
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measurements of peak baseband signal level give a realistic indication of peak 
multiplexed signal level are described. 
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1. Introduction 

The use of quadrature modulation of the 38 
kHz subcarrier in the pilot-tone stereophonic 
system 1,2 ' 3 provides a convenient method of add- 
ing a third audio channel to the two channels 
already provided by the stereophonic system itself. 
Such a provision is an important consideration 
when discussing 'hierarchical' surround-sound 
systems in which the surround-sound performance 
of a 2-channel system (having monophonic and 
stereophonic compatibility) may be enhanced by 
the addition of a third audio channel. The 
presence of this third signal can however increase 
the subcarrier amplitude, and thus the overall level 
of the multiplexed signal, over and above the value 
which would exist if the 2-channel version of the 
system was being radiated. This factor is impor- 
tant, since the peak level of the multiplexed signal 
is limited by the permissible maximum deviation of 
the radiated carrier frequency: thus the provision 
of 'head room' for accommodating the third 
channel will result in a reduced signal-to-noise ratio 
for compatible stereophonic reception. 

This report discusses the increase in multi- 
plexed signal level due to the presence of the 
quadrature-modulated subcarrier component in the 
case of the System UHJ hierarchy, 4 - 5 ' 6 ' 7a and 
compares theoretical predictions of this increase 
with measured results, using as source material 
2V£-channel System UHJ experimental trans- 
missions radiated from an Independent Local 
Radio transmitter. 



2. System UHJ transmission parameters 

In the work which follows, it has been assumed 
that three radio signals, the 'Z-signal' (2(f)), the 
'A-signaT (A(t)) and the 'T-signal' (T(t)) are 
derived by applying complex gain factors 2 fl , A g 
and Tg respectively to an 'object signal'. The 
object signal is the electrical analogue of the sound 
emanating from an 'object source' having an 
azimuth 6 measured anticlockwise from the centre- 
front direction. The formulation of these signals 
conforms to the specification of System UHJ given 
by the National Research Development Corpora- 
tion to the Federal Communications Commission 
(USA): 7a 



0.9397 0.2624 -^'0.0241 
-/'0.3420 /'0.7211 0.9121 
-/"0.1365 /'0.9218 -1.0000 



1 

costf 

sin 9 
(1) 



Equation (1) is the 'kernel equation' specifying the 
system.* In practice the specified performance 
can be achieved by suitable microphone arrange- 
ments, panpot techniques and matrixing circuits 
(the coefficients in these circuits may well differ 
from those shown in Equation (1)) and the 'object 
signal' will not necessarily be present as a separate 
identifiable entity. The loci traced out by the 



* This is one of several possible forms of the HJ system, all of 
which fall within the HJ specification tolerances, 
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Fig. 3 - Amplitude and phase of T-signal relative 

to object signal, as a function of object-source 

azimuth 

quantities 2 A and T as the object source 
moves round the sound stage are shown in Figs. 1 
to 3 respectively. These figures can also be inter- 
preted as showing the relative amplitudes and 
phases of the 2-, A- and T-signals relative to the 
object signal, when this signal is sinusoidal. Note 
that for a centre-front object source (0 = 0) the S- 
signal is in phase with the object signal while the 
A-signal and T-signals are advanced in phase by 
90°. This relationship avoids channel imbalance, 
and thus a shift of image position away from 
centre-front, when stereophonic decoding takes 
place in the presence of a phase error in the 
regenerated 38 kHz subcarrier. 2 ' 3 ' 7b ' 7c As 8 
increases, the 2-signal reduces in level but departs 
only slightly from the in-phase condition, while the 
phase advance of the A-signal progressively de- 
creases and that of the T-signal increases. For a 
centre-back object source (6 = 180°) the A- and 
T-signals both lag the 2 -signal by 90° (thus again 
avoiding image shifts in compatible stereophonic 
reception), while the level of the 2-signal is at a 
minimum. 

In general, when the object signal is not 
sinusoidal, the relationships shown in Equation (1) 
apply to each harmonic component of the object 
signal. The Z-signal, for example, will consist of a 
version of the object signal in which each harmonic 
has been shifted in phase and changed in level by 
the same amount. The A- and T-signals will 
similarly be related to the object signal, with 
different amounts of phase shift and level change. 



The consequences of such harmonic phase-shifts 
are examined in Section 3.6. 

For transmission, the sum (baseband) and 
difference (subcarrier) channels of the conven- 
tional stereophonic transmission system are 
supplied with the 2- and A-signals, forming a 2- 
channel UHJ surround-sound system (see Section 
6). Where appropriate the third signal (T-signal) is 
quadrature modulated onto the subcarrier. A 3- 
channel surround-sound system would involve 
transmitting the 2-, A- and T-signals at full band- 
width while a '2^-channel' system involves a reduc- 
tion of the T-signal bandwidth before transmission. 
In the theoretical analysis which follows no distinc- 
tion is made between the 3-channel and 2Vi- 
channel systems. 



3. Theoretical examination of multiplexed signal 
peak levels 

3.1. Stereophonic signals 

The derivation of the peak level of the 
multiplexed stereophonic signal is included as a 
convenient introduction to the derivation of peak 
levels of multiplexed surround-sound signals, and 
as a basis for the discussion of signal-level monitor- 
ing (see Section 6). The equation of the instan- 
taneous level of the multiplexed stereophonic 
signal as a function of time (P t (t)) is 8 



PM) 



- n— 



Rit) L(t) - Rit) 

+ 



sin 0) % t + 



+ 0.1 sin ojpt 



(2) 



where Lit) and Rit) are the left-hand and right- 
hand signals (also functions of time), co s is the 
angular frequency of the subcarrier, and 
oj p (= to s /2) is the angular frequency of the pilot 
tone. L(t) and Rit) are restricted to maximum 
values of unity. 

It is useful at this stage to adopt a symbol 
convention for representing the various attributes 
of the multiplexed signal. The instantaneous 
value is denoted by the symbol P t (t) as shown 
above, while the magnitude of the outermost 
envelope boundary is given the symbol \P s it)l 
The maximum excursion of this envelope, or in 
other words the maximum multiplexed signal level 
irrespective of sign, is shown by the symbol IP, I. 
These quantities are shown in Fig. 4. A similar 
convention is used to represent the attributes of 
other signals (for example the multiplexed signal 
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.Fig. 4 - Example of symbol convention used to 
describe a multiplexed signal 

in the absence of the pilot tone, and the subcarrier 
component by itself) with appropriate change of 
symbol letter, and for the surround-sound signals 
discussed in Sections 3.2 to 3.5, with appropriate 
change of subscript. 

Consider first, then, the level of the multi- 
plexed signal in the absence of the pilot tone 
(E s (t)), where 



EAt) = 



L(t) + R(t) L(t)~R(t) 



sin co % t (3) 



The 'waveforms' of the two boundaries of the 
multiplexed signal envelope are given by joining 
together the values of E s (t) obtained when 
sin oj s t = 1, and the values for which sin co s t = — 1. 
The greater multiplexed signal envelope level, 
l£ s (f)l, is therefore given by 



EM) 



L{t) + R(t) ^ Lif) - R(t) 



(4) 



where the sign is chosen to give the larger value of 
the right-hand side of the equation. If the positive 
sign is so chosen, Equation (4) reduces to 



|£.w| = |j.<*>| 



(5a) 



while if the negative sign is so chosen, Equation (4) 
reduces to 



\eM = \R<t)\ 



(5b) 



It is reasonable to assume that the baseband 
signals L(t) and R(t) involve frequencies which are 
much lower than that of the subcarrier, since base- 
band signal components having frequencies com- 
parable to that of the subcarrier will be relatively 



small in magnitude and so will not contribute 
greatly to the overall signal level (even after the 
application of pre-emphasis). With this assump- 
tion it can be seen that the change of baseband 
signal level between successive occurrences of 
positive or negative peak subcarrier level is small, 
and it can in turn be assumed that a peak of sub- 
carrier will coincide, for all practical purposes, with 
a peak value of baseband signal. Thus the peak 
value of multiplexed signal, f£ I, is either the peak 
value of the left-hand signal \t I or that of the right 
hand signal I R I whichever is the greater. This 
property of the multiplexed stereophonic signal 
is termed 'interleaving'. 

An alternative method of analysing the multi- 
plexed signal is to consider it as being formed by 
alternately switching, at the subcarrier rate, 
between the two baseband signals L(t) and R(t). B 
This leads directly to the conclusions shown in 
Equations (5a) and (5b). 

The effect of the presence of the pilot tone 
must now be considered. It may first be noted 
that, for the same reasons as discussed above in the 
case of the subcarrier, only the peak value of the 
combination of pilot tone and subcarrier need be 
taken. When the subcarrier level is large compared 
with that of the pilot tone, it can be seen from 
Equation (2), remembering that co p = co s /2, that 
when I sin w s tl = 1, then I sin oj p f 1= 1A/2 = 0.71. 
Hence in this case the greater envelope value of the 
combination of pilot tone and subcarrier, ignoring 
sign, ( IZ(f ) I), is given by 



Z(t) 



Ut) - R(t) 



+ 0.071 



(6a) 



As the subcarrier decreases, the constant on the 
right-hand side of Equation (6a) increases until 
when (L(t) - R(t)) = 0, \Z(t)\ = 0.1 (i.e. the level 
of the pilot tone by itself). It can be shown, how- 
ever (see Appendix), that as long as the subcarrier 
level is greater than about 10% of the peak level, 
Equation (6a) gives a reasonably accurate estima- 
tion of \Z(t)\. Returning to the complete multi- 
plexed signal, it can be seen that under these 
circumstances its greater envelope level in the 
presence of the pilot tone is given by: 



1P s (Ol=0.9(IX(t)l + 0.071) 



(6b) 



where I \X(t) I is the magnitude of the greater 
of the signal components L(t) or R(t). Thus, 
the peak multiplexed signal level in the presence 
of the pilot tone, ignoring sign ( I P s I) is given 
by: 
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|P S | = 0.9(1X1 + 0.071) 



(6c) 



where \X\ is the peak level of the greater signal 
component. It may, however, be noted that the 
internationally accepted allowance for the effect 
of the pilot tone 9 is based on the 'worst case' 
condition (i.e. the constant on the right-hand side 
of Equation (6b) is set equal to 0.1, so that a devia- 
tion of ±67.5 kHz is allowed for the signal com- 
ponent in a frequency-modulated transmission, and 
±6.75 kHz for the pilot tone). 

3.2. Surround-sound signals having a T -signal com- 
ponent 

The equation of the level as a function of 
time (P Q3 (0) of the multiplexed 3-channel 
surround-sound signal (i.e. in the presence of the 
T-signal) is: 



P q 3 (t) = 0.9 [2(0 + A{t) sin w s t + 

+ kT(t) cos oj.t + 0.1 sin co_t] 



(7) 



This relationship assumes that no additional pilot 
tones are introduced. The constant k represents 
the attenuation of the T-signal before quadrature 
modulation: for 7 dB attenuation k - 0.447. As 
before, it is convenient to neglect the pilot tone: 
in this case, the multiplexed signal level (£ q 3 (0) is 
given by: 



£ q 3 (0 = 2(0 + A(0 sin o) s t + kT(t) cos 6J s t 



(8) 



Consider first the subcarrier level. It can be seen 
from Fig. 2 that the level of the A-signal never 
becomes zero, and therefore that subcarrier is 
always present, even for a centre-front object 
source. Using the argument given in Section 3.1, 
only the peak subcarrier level is of interest in 
determining the peak envelope level of the multi- 
plexed signal. The instantaneous subcarrier level 
(5(0) is given by: 

5(0 = { [ A(0] 2 + [k T(t)] 2 [* sin (<V + 0) (9) 

where <j> = tan - ' kT(t)/A(t). The peak subcarrier 
level ignoring sign \S(t)\ is therefore: 

15(01= )[A(f)] 2 + [kT(t)p\ y > (10) 

The function |5(0I therefore describes the magni- 
tude of the subcarrier envelope. 

The greater multiplexed signal envelope level 
|E q3 (0l is given by adding the magnitude of the 
subcarrier envelope to that of the 2-signaI. It 
must be remembered that 2(f), A(0 and T(t) are, 



in general, complex waveforms having similar 
frequency spectra (apart from the possible restric- 
tion of the T-signal bandwidth) but with harmonics 
shifted in phase by the same amount, independent 
of frequency, as determined by the relationships 
given in Equation (1): thus, in general the wave- 
forms of these three signals will differ from each 
other (see Section 3.6). In particular, the S(t) 
'signal' waveform (i.e. the waveform of the sub- 
carrier envelope) will differ from the Z-signal wave- 
form. Thus the peak multiplexed signal level, 
|£ q3 l, can only be obtained by examining the 
waveforms of the 2 -signal and the subcarrier 
envelope at different instants of time, and 
choosing the appropriate time at which the two 
combine to give a maximum value. In general, 
this would be an extremely tedious procedure, 
but it becomes possible if the object signal and 
therefore the time-functions 2(0, A(0 and kT(t) 
are sinusoidal (and of the same frequency) so 
that: 



2(0 = a sin (cj m t + i 



:) 



A(0 = 5 sin (cj m t + 04 ) 
kT(t) = kr sin (oj m t + 4> T ) J 



(11) 



where cj m is the angular frequency of the object 
signal. In this case, the waveforms of the three 
signals will be identical (sinusoidal in each case), 
but the phase relationships between the signals will 
be determined by the parameters shown in 
Equation (1) (see Figs. 1 — 3). It can be seen that 
in this case: 

|5(t)|= [5 2 sin J (u m t + 0^) + 

+ (*r) 2 sin 2 (aJ m t + T )] M 

and the peak level of the multiplexed signal |£ q3 1 
is given by the greatest value of the envelope level 
|£ q3 (0l, such that 

|£ q3 l=[|asin(w m f + s )| + |S(f)|] max 

= | \a sin (co m t + E )| + [5 5 sin 2 (o) m t + A ) + 

+ (*T) 2 sin 2 (^ + T )]*| max (12) 

the subscript 'max' denoting the maximum value 
of the bracketed expression, the maximum value 
being found by suitable choice of t. It must be 
remembered that 2(0, A(0 and 7/(0 are also 
functions of the object-source azimuth (Equation 
(1)) and therefore that the value of t giving the 
peak multiplexed signal level will change with 
change of object source position. 
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3.3. Surround-sound 
component 



signals not having a T-signal 



The equations giving the level as a function 
of time of the multiplexed 2-channel surround- 
sound signal (i.e. in the absence of the T-signal) 
with and without including the effect of the pilot 
tone (P q 2 (t) and E (t) respectively) are given by 
omitting the term in T in Equations (7) and (8). 
Thus with the pilot tone included: 

P qi (t) = 0.9(2(0 + A(t) sin oj,t + 0.1 sin w t) 

(13) 



while in the absence of the pilot tone: 
£ q2 (f) = 2(t) + A(f)sincj f f 



(14) 



Following the argument given in Section 3.2, it 
can be seen that neglecting the presence of pilot 
tone, the peak level of the multiplexed signal 
|£ qj lis again given, in general terms, by examining 
the waveforms of the subcarrier envelope and the 
S-signal, and choosing the appropriate time at 
which their sum is at a maximum. In the case of 
sinusoidal signals (see Equation (11)) it can be 
seen, by analogy with Equation (12), that in the 
absence of the pilot tone: 



|£ ,| = [|orsin(w_t + 0,)| + 



+ |5sin(w_f + A )|], 



(15) 



the maximum value again being found by suitable 
choice of t. This value of t will not necessarily be 
precisely the same as obtained in calculating the 
maximum value \E q \ from Equation (12), since 
the maximum values may occur at different phase 
relationships to (say) the object signal in the two 
cases. Nevertheless, from the point of view of 
the present discussion, the two maximum values 
may be regarded as referring to the same peak in 
signal level and may be directly compared with 
one another. 

3.4. The effect of the pilot tone 

From Equation (9) it can be seen that in 
the case of 3-channel surround-sound signals the 
subcarrier phase is determined by the relative levels 
of the A- and T-signals. However, if it is assumed 
that the T-signal is reduced in level before quadra- 
ture-modulating the subcarrier (in the case of the 
experimental transmissions referred to in Section 4 
the T-signal was attenuated by 7 dB) the subcarrier 
phase is not likely to differ substantially from its 
normal condition (i.e. with zero-crossings coinci- 
dent with those of the pilot tone as shown in 



Equation (2)). In the case of the 2-channel 
surround-sound signals the phase of the subcarrier 
is not affected. In both cases, therefore, the com- 
bined effect of the pilot tone and subcarrier may 
be taken as being the same for surround-sound 
transmissions as for stereophonic transmissions. 
The fact (see Section 3.2) that the subcarrier never 
falls to zero means that in practice it is likely 
always to exceed 10% of peak signal level, since 
peaks in multiplexed signal level are under con- 
sideration. The assumptions underlying the 
accuracy of Equations (6b) and (6c), Section 3.1, 
are therefore satisfied. By analogy with Equation 
(6c), therefore-. 



|P qa l = 0.9 (|£ q3 l + 0.071) 
|P qa | = 0.9 (|£ q3 l + 0.071) 



(16) 



3.5. Theoretical ratios of peak multiplexed signal levels 
in the presence and absence of the T-signal 

The theoretical ratio (R T ) of peak multi- 
plexed signal levels in the presence and absence of 
the T-signal is given from Equation (16) by: 



*T = 



lP q3 l _ [£ q3 | + 0.071 
j?*7l |£„ 1+0.071 



(17) 



'since l-Cq-l and |E- 2 l depend on the object-source 
azimuth B, R T will also depend on this parameter. 
The value of R T also depends on the absolute 
object-source signal level, since the 'diluting' effect 
of the pilot tone becomes greater as the values of 
j£ a , | and \E a , | decreases. 



<13 



q2 



In the case of a sinusoidal object signal ]£ q3 l 
and |£ q ,l can be calculated using Equations (12) 
and (15) respectively. The dependence of the 
on the object-source level can be 
by first calculating the ratio K T ' 



value of R-, 



allowed 
where: 



for 






using the same arbitrary value of object-source 
signal level in evaluating |E q3 l and |£ q2 l. Equa- 
tion (17) can now be re-written as: 



R-, 



R T =. 



0.071 



X. 



1 + 



0.071 



(18) 
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TABLE 1 



Ratios of Peak Multiplexed Signal Levels in the Presence and Absence of the T-Signal (R T ) 



F » L ' ^ 



L F , R F , L B , R B 



R ' ^B 



centre front, left, right, back respectively 
left and right front, left and right back respectively 



Sound Source 


R T (dB) 


Azimuth 


Position 


0° 
±224° 
±45° 
±674° 
±90° 
±112^° 
±135° 
±1574° 

180° 


c L , c R 

Lb* Rb 


0.28 
0.08 
0.28 
0.39 
0.40 
0.21 
0.02 
0.10 
0.50 


Averages over 
indicated sector of sound 
stage (degrees from 
centre front) 


±45° 
±674° 
±90° 
whole stage 


0.18 
0.23 
0.31 
0.23 



A value of l£ q 7 I may now be chosen to represent 
an average signal level ( lc q I = 1 represents peak 
signal level). Table 1 shows values of R T calcu- 
lated for sixteen object-source positions, assuming 
an average signal level of half the peak level, so that 
Equation (18) becomes: 



«T = 



R T ' + 0.1414 



1.1414 



(19) 



Four mean values of R T are also shown in 
Table 1 for later comparison with measured 
results (see Section 5). 

It is interesting to relate the values of R T 
shown in Table 1 to the relative phases of the A- 
and T-signals as shown in Figs. 1 to 3. For cases 
in which those signals are in quadrature, the maxi- 
mum subcarrier level will be virtually independent 
of the T-signal, since the peaks of the T-signal 
coincide with the zero crossings of the A-signal 
and the A-sigrial is always greater than the T-signal 
due to the factor k in Equation (7). This can be 
seen in the cases of 9 = ±22Vi <i and 6 = ±135°. 
The effect of the T-signal is greatest where it is in 
phase (0 = and 180 ) or in antiphase (9 = ±67^° 
and ±90°) with the A-signal. Since r.m.s. addition 
is involved, the absence of the T-signal always 
reduces the peak level of the multiplexed signal, 
even when the A- and T-signals are in antiphase. 



3.6. Phase shifts and waveform changes 

It was pointed out in Section 3.2 that a 
phase shift of the harmonics of a signal such that 
the amount of phase shift is independent of the 
frequency will change the waveform, even though 
the power spectrum is unchanged. The extent of 
this change will depend on the spectrum of the 
signal and the amount of such phase shift and is 
therefore too complex a problem to be analysed 
generally. An idea of the order of magnitude of 
the peak level changes may, however, be obtained 
by examining a particular case. Consider a square 
wave of unit peak amplitude and fundamental 
angular frequency co. Then the amplitude A Q (t) 
is given by : 



v 4 / . sin 3tor. sin 5tot 

A (t) =— sin tot + -— + - — + 

it \ 3 5 



If the phase of each harmonic is shifted by an 
amount 0, the amplitude A^it) may be written: 

A 4 (t) =-(sin (oit + 0) + + 



7M 



sin (Scot + 0) 
+ + 



(20) 
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Fig. 5 - Illustration of the effect of identical phase 
shifts of all harmonics of a signal (see text) 

o o 
no phase shift — 45 phase shift 90 phase shift 

Fig. 5 shows the function A^(t) for various values 
of 0, taking the first ten terms of the series. It can 
be seen that for a 45° phase shift the peak signal 
level increases by over five decibels while for a 90° 
phase shift a seven decibel increase is obtained. 
In fact, for the 90° phase shift it can be seen from 
Equation (20) that at t = 0: 



90 



, , 4 / l 1 
(,) = - 1+-+-.+ 

n \ 3 5 



(21) 



and therefore that an increase in the number of 
harmonics included in the audio bandwidth will 
give rise to a greater increase in level over the 
zero phase shift signal than the seven decibels 
quoted above, since the bracketed series in 
Equation (21) is not convergent. 



seen from Figs. 1 to 3 (d = 0°) that the A- and 
T-signals are both phase shifted by 90° relative to 
the S-signal. Consider the 2-signal as having a 
band-limited square waveform, as for # = 0° in 
Fig. 5. Note that this does not necessarily mean 
that the object source emitted a square waveform, 
as 'dispersion' (frequency-dependent phase changes 
in the signal paths caused by the presence of re- 
active components) may well be present in the 
signal path preceeding the matrix circuit in which 
the 2-, A- and T-signals are formed. Under these 
conditions the A- and T-signals will have the = 
90° waveform shown in Fig. 5. The peak multi- 
plexed signal levels can now be found in the 
presence and absence of the T-signal by following 
through the arguments given in Sections 3.2 and 
3.3 respectively for different values of ojt, and 
choosing the maximum value in each case. This 
leads to the result that in this case the peak multi- 
plexed signal with the T-signal present is 0.9 dB 
greater than with the T-signal absent, as compared 
with the value of 0.3 dB obtained in the sine-wave 
case (see Table 1). Thus it can be seen that, in 
the presence of a non-sinusoidal waveform, the 
effect of the presence or absence of the T-signal 
may be considerably greater than the value found 
by considering sine-wave signals. 



4. Practical ratios of peak multiplexed signal level 
in the presence and absence of the T-signal 

In making the measurements of peak multi- 
plexed signal level, three-channel multiplexing 
equipment, capable of carrying out the quadrature 
modulation of the T-signal onto the stereo sub- 
carrier, was supplied with the 2- and A signals, and 
(when required) the T-signal. The signals used as 
source material had been previously recorded from 
I'/i-channel System UHJ experimental trans- 
missions radiated from an Independent Local 
Radio transmitter. In these transmissions the T- 
signal was band-limited to 5 kHz and also attenu- 
ated by 7 dB relative to the other two signals. 
Care was taken to ensure that the relative levels at 
the multiplexer inputs were the same as those 
received during the transmissions. The multi- 
plexed output was supplied to a peak level recorder 
designed to detect peaks of very short duration and 
to provide an output in which this level was held 
long enough for a chart recorder to register the 
level accurately. The output level then decayed 
slowly and no further peaks were registered until 
the new peak level rose above the decaying output 
signal level. 



To continue the analysis of the special case, 
consider a centre-front object source. It can be 



Two traces were made of peak signal level, 
using the same programme excerpt (rock music). 
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Fig. 6 - Examples of traces of peak multiplexed 
signal level in the presence (top) and absence 

(bottom) ofTsignal 
Vertical scale — signal level in arbitrary linear units 
Horizontal scale — time ■. 12 seconds per division 



with the T-signal present in one case and absent in 
the other. All other conditions were unchanged. 
A short sample of the pen traces obtained under 
these two conditions is shown in Fig. 6. Corres- 
ponding peaks in the two traces were identified 
using known features of the recording (very 
obvious large peaks, programme breaks, etc.) and 
the signal levels obtained in each case were 
measured. Ratios (R p ) of peak signal level in the 
presence and absence of the T-signal were then 
derived. These are shown in histogram form in 
Fig. 7 in which the values of R p have been grouped 
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Fig. 7 - Histogram of measured ratios of peak 

multiplexed signal levels with T-signal present 

and absent 
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Fig. 8 - Probability plot show- 
ing distribution of measured 
ratios of peak multiplexed 
signal levels with T-signal 
present and absent 
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in ranges of 0.1 dB centred on the values ±0.05 
dB, ±0.15 dB, etc. The mean value (i? p ) over all 
values of R p is 0.28 dB. 

It can be seen from Fig. 7 that the distribu- 
tion of R p values is decidedly skew-symmetrical. 
This is shown more clearly in the probability plot 
of the results, shown in Fig. 8. It can be seen that 
the median value of R p (i.e. the value such that 
equal numbers of results lie above and below it) is 
0.23. The fact that the plot can be represented 
with reasonable accuracy over most of its range by 
two straight lines is interesting and is discussed in 
Section 5. It can also be seen from Fig. 8 that 
95% of the results lies in the range of R values 
extending from +1.3 dB to —0.3 dB, both limits 
being rounded off to the nearest 0.1 dB. The 
greatest value of R p measured was 2 dB, and the 
least was —0.8 dB. Thus it may be concluded 
that 1.3 dB extra 'headroom' is required to 
accommodate the T-channel for 95% of the time, 
or 2 dB extra if the greatest measured result is 
included. This would involve a corresponding 
reduction in received signal-to-noise ratio. 

5. Discussion 

The mean ratio of multiplexed signal level in 
the presence and absence of the T-signal obtained 
in practice (0.28 dB) and the corresponding 
median value (0.23 dB) may be compared with the 
theoretical levels shown in Table 1, Section 3.5. 
There is exact numerical agreement between the 
experimental median value and the theoretical 
mean values taken over the whole sound stage and 
the stage extending ±67 Vi" from centre-front, and 
good agreement with the experimental mean value 
and the theoretical mean value taken over the front 
half of the sound stage (0.3 1 dB). 

A difficulty arises in accounting for the 
negative R p values (some 24% of the total) which 
were measured. Such a negative value implies 
that the removal of the T-signal gave rise to an 
increase in the peak multiplexed signal level. As 
the T-signal quadrature-modulates the subcarrier, 
there is no mechanism which can cause an increase 
in subcarrier level when the T-signal is removed. 
One reason could be the presence of small level 
changes in the 2- and A-signals supplied to the 
multiplexer on the two occasions. Another 
explanation could be that the assumption put for- 
ward in Section 3.1 that a peak of subcarrier will 
effectively always coincide with a peak value of 
baseband signal is not fully justified, so that dif- 
ferent time relationships between subcarrier and 
baseband signals led to slighdy different peak 
values of multiplexed signal level being achieved. 



The two slopes shown in the probability plot 
(Fig. 8) indicate that at least two different 
mechanisms are responsible for the spread in the 
individual R p values. The less steep slope, corres- 
ponding to R p values of 0.25 and below, probably 
represents the scatter of results brought about by 
the factors described in the previous paragraph, 
together with the scatter caused by different 
object-source stage positions (see Table 1) corres- 
ponding to the individual peak signals. The 
steeper slope, shown for R p values above 0.25, 
probably represents the extra scatter introduced by 
the presence of waveform changes as described in 
Section 3.6. 

It may also be noted that due to dispersion 
(see Section 3.6) the signals derived from the tape 
recording cannot be regarded as identical to those 
which were actually supplied to the transmitter. 
They nevertheless represent a valid set of System 
UHJ 214-channel quadraphonic signals. Any such 
dispersion in the 2- and A-signals was present all 
the time, both with the T-signal present and with 
it absent. 

Halliday 5,6 has assessed the decrease in signal- 
to-noise ratio associated with the use of quadrature 
modulation of the subcarrier in radiating a third 
channel. As far as extra headroom is concerned, 
he concludes 68 that for sinusoidal signals and for 
the T-signal level reduced by 7 dB, a reduction of 
multiplexed signal level of 0.29 dB ± 0.29 dB (i.e. 
dB to 0.58 dB) is required. This is in substantial 
agreement, and is in fact slighdy more pessimistic 
than, the theoretical results shown in Table 1, 
Section 3.5. His calculations of the subjective 
signal-to-noise ratio obtained by a surround-sound 
listener take account of the restricted bandwidth 
of the T-channel in a 4-2V4-4 system and involve 
weighting of the noise spectrum by the CCIR 
hearing-response curve. These calculations lead to 
the conclusion that the subjective change in signal- 
to-noise ratio in going from 2-channel to 2 l /v 
channel quadraphonic reception is approximately 
—1.6 dB. 6b The assumptions on which these 
calculations are based should, however, be noted, 
particularly the fact that sinewave signals are 
assumed. If, taking into consideration the pre- 
sence of non-sinusoidal signals, the extra headroom 
required to accommodate the T-signal is assumed 
to be 1.3 dB (the '95%' case discussed in Section 4) 
rather than 0.3 dB as Halliday assumes, then his 
results predict a total change in subjective signal- 
to-noise ratio of —2.6 dB on going from 2-channel 
to 2^-channel surround-sound listening. If the 
greatest measured required increase of head- 
room (2 dB) is assumed, this value becomes —3.3 
dB. 
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Whythe, again assuming the presence of 
sinusoidal signals, has also assessed the extra head- 
room required to accommodate the T-channel for 
the 'worst case' condition in which the 2- and T- 
signals are assumed equal to their maximum value 
and in phase, while the A-signal is assumed zero 
(this condition is 'worst case' if the 2- and A- 
signals interleave, so that their sum cannot exceed 
peak signal level). Under these conditions it is 
shown that 3.2 dB extra headroom is required, 
which is considerably greater than the theoretical 
or practical values obtained for sinusoidal signals 
during the present work. It can however be seen 
from Figs. 1 to 3 that these conditions are not 
normally met with in practice (the phase relation- 
ships between the 2- and A- and T-signals should 
particularly be noted) and thus that less head- 
room is required to accommodate the T-channel 
than is predicted in Whythe's assessment. Never- 
theless, the possibility of creating this worst case 
condition (perhaps when attempting to achieve 
some special artistic effect) should be noted. 



6. Monitoring of signal level in surround-sound 
transmissions* 

Equations (5a) and (5b) (Section 3.1) show 
that, because of the 'interleaving' property of the 
pilot-tone stereophonic system, the peak multi- 
plexed signal level is equal (excluding the effect of 
the pilot-tone itself) to the level of the greater of 
the two stereophonic encoder input signals L(t) 
and R(t). Thus the multiplexed signal level can 
be controlled simply by monitoring the levels of 
these signals and ensuring, through the use of 
suitable ganged faders, that neither signal exceeds 
the permitted level. Whythe and others 8 have 
pointed out that the feature of pilot-tone stereo- 
phony that makes it interleave is the use of 
suppressed-carrier double-sideband amplitude 
modulation of the subcarrier, together with matrix 
equations of the form 



M(t) = [A(t) + B(t)] 12 
S(t) = [A(t) - B(t)] 12 



(22) 



where M(t) and S(t) are the baseband and sub- 
carrier-modulating audio signals respectively, and 
A(t) and Bit) are the original audio signals. (Using 
the convention outlined in Section 1, these can be 
referred to as the M-, S-, A- and B-signals respec- 
tively.) 



The material presented in this Section is based on unpublished 
work by D.J. Whythe of BBC Research Department. 



Turning now to the 2-channel version of 
System UHJ, it can in the first instance be seen, by 
inspection of Equation (1) (ignoring the T-signal 
component) that the encoding process involves 
signal phase shifts. This implies (see Section 3.6) 
that the waveforms of the signals after encoding, 
and therefore their peak levels, will differ from 
those before encoding. Measurements of peak 
input signal level will therefore not give a true 
indication of the peak multiplexed signal level. 
Furthermore, even if the peak levels of the 2- and 
A-signals are measured, Equation (1) shows that 
these signals do not obey a relationship of the form 
given in Equation (22). Indeed the precise form 
of the input signals from which the S- and A- 
signals are derived is not specified in Equation (1). 
Thus, with reference to the 2- and A-signals, 
System UHJ does not possess the property of inter- 
leaving, and examination of the peak levels of even 
these signals does not provide a precise indication 
of peak multiplexed signal level. This facility can 
however be provided by forming two signals 
[2(f) + A(t)] and [2(t) - A(t)) - Regarding these 
signals as A(t) and B(t) in Equation (22) it can be 
seen that they give rise to the 2-signal in the base- 
band channel and the A-signal as subcarrier modu- 
lation as required; thus the system has interleaving 
properties in terms of the (2 + A) and (2 — A) 
signals, and examination of the peak levels of these 
signals will provde the required information on the 
peak multiplexed signal level. In fact, it would 
probably be more convenient in practice to derive 
the (2 + A) and (2 — A) signals directly from the 
input signals (rather than first deriving the 2 and A 
signals as described above) and send them to the 
transmitter using the conventional 'left' and 'right' 
signal paths respectively. Present-day practice is 
to provide a sum-and-difference network obeying 
Equation (22) at the transmitter: with this 
arrangement the 2 and A signals would appear at 
the outputs of the network. It may further be 
noted that a stereophonic receiver would deliver 
the (2 + A) signal to the left-hand loudspeaker and 
the (2 — A) signal to the right-hand loudspeaker: 
the choice of encoding parameters such that these 
signals give a reasonable compromise between 2- 
channel surround-sound performance and conven- 
tional stereophonic performance is described 
elsewhere. 4 

The 3- (or 2 X A-) channel version of System 
UHJ presents a more complex problem. The 
multiplexed signal level in general is given by the 
expression J2(t) + [Mt) 2 + T(0 2 ] A \ and it is not 
possible to derive, using simple circuits, a signal or 
set of signals possessing interleaving properties 
whose peak level may be monitored. One solution 
would be to combine the 2-, A- and T-signals in 
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the studio (or wherever it may be necessary to 
monitor or control peak signal level), using the 
same relationship as that giving the multiplexed 
signal level, and including any level adjustment or 
bandwidth reduction applied to the T-signal. The 
peak level of the signal formed in this way would 
then be a measure of the peak multiplexed signal 
level. Analogue equipment (e.g. a multiplexer) 
could be used for this purpose, or alternatively the 
process might be carried out digitally using a 
microprocessor. This method always gives a 
correct indication of multiplexed signal level and 
other metering arrangements relying on the inter- 
leaving property of the system would not then be 
required. Nevertheless, it might still prove more 
convenient to send (2 + A) and (S — A) signals to 
the transmitter, as described above, and rely on the 
sum and difference network at the transmitter to 
recover the 2 and A signals. The T-signal would 
be sent unaltered to the transmitter (apart from a 
bandwidth reduction, if required) and then 
attenuated, if necessary, before quadrature- 
modulating the 38 kHz subcarrier. 

Although manual control of signal level has 
been implied in the above discussion, the same 
arguments hold in the case of automatic control 
using ganged programme limiters. 



7. Conclusions 

The presence of the third or 'T-signal' com- 
ponent of a 2'/i-channel System UHJ surround- 
sound transmission is found in theory to increase 
the peak multiplexed signal level on average by 
0.2 — 0.3 dB, the precise value depending on the 
sound-stage sector oveT which the average is taken. 
This result agrees with the average increase 
obtained in a set of practical measurements. These 
measurements also indicate that increases of peak 
level of up to 2 dB may be experienced very 
occasionally. This is most probably caused by 
changes in signal waveform produced by the phase 
shifters used in the encoding process. 

The multiplexed signal level increases caused 
by the presence of the third surround-sound signal 
component will either result in an over-deviation of 
the FM signal, or if signal levels are reduced to 
eliminate over-deviation, monophonic and stereo- 
phonic listeners will suffer a decrease in signal-to- 
noise ratio of the same amount. It is likely that 
a compromise will be reached in which a small 
decrease in multiplexed signal level is accepted 
(say 0.3 dB) and the channel limiters invoked for 
the few occasions when the signal level would 
otherwise cause over-deviation. 



The peak multiplexed signal level in surround- 
sound transmissions cannot be controlled with pre- 
cision by monitoring the peak levels of the separate 
surround-sound signal components. A suitable 
monitoring signal can be formed by appropriately 
combining these components, at the cost of some 
circuit complexity. 
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Appendix 
Peak Level of Combination of Subcarrier and Pilot Tone 



The combination of subcarrier and pilot tone 
may be represented by the equation 



£ ps (f) = a sin oi z t + 0.1 sin cj t 



(Al) 



where co s and co p are the subcarrier and pilot tone 
angular frequencies respectively, and a is the sub- 
carrier magnitude (a = 1 represents maximum sub- 
carrier level). Since oj s = 2w p , Equation (Al) 
may be written 

E ps (t) = a sin 2oj p t + 0.1 sin oj p t (A2) 

= a . 2 sin oi p t cos cj p r + 0.1 sin o> p f (A3) 

Differentiating Equation (A3) gives 



d[E p ,(t)] 
dt 



= to p [2a(cos 2 ou p r - sin 2 cj p r) + 0.1 cos w p f] 
= oo p {2a[cos 2 oj p t — (1 — cos 2 Cdpl)] + 

+ 0.1 cos oj p r } 
= oj p (4a cos 2 i*J p t + 0.1 cos cj p r - 2a) 
For maximum (or minimum) values of E ps (t), 



d[E ps (t )] 
dt 



- 0. Hence, writing c - cos cj p r, 



4ac 2 + 0.1 c — 2a - 



and hence 



c = 



-0.1 t^/0.01 + 32a 2 
8a 



(A4) 



When a is small the higher order terms may be 
ignored, hence Equation (A4) reduces, taking the 
positive sign of the square root term, to 



-0.1 +0.1 + 160 a 2 



8a 



= 20a 



(A5) 



When a = 0, c = 0, hence oi p t = n . 180° ± 90°. 
Inserting this value into Equation (A2) shows that 
|£p S | = 0.1 (|£ pi | is the maximum value of E pt (t), 
ignoring sign; see the symbol convention described 
in Section 3.1 and Fig. 4). Thus, as is obvious, 
the maximum value of the combination of sub- 
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First consider the case when little subcarrier 
is present, i.e. a -> 0. The square root term in 
Equation (A4) can be written in the form 

32 
0.01 

= 0.1 + 160a 2 + higher order terms 
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carrier and pilot tone is equal to the level of the 
pilot tone in the absence of the subcarrier. This 
exercise serves, however, to justify the otherwise 
arbitrary use of the positive sign for the square- 
root term in Equation (A4). 

Turning now to the case when the subcarrier 
amplitude is much greater than that of the pilot 
tone, Equation (A4) can be written (again taking 
the positive sign for the square root term), as 



-0.1 +, 



c = 



&? 



0.1 _1_ 
la + y/2 



(A6) 



It can be seen that as the value of a increases, 
c -*■ \kjl hence oi p t -*■ (h.360° ± 45°). Inserting 
this value for <o p r into Equation <A2), it can be 
seen that as a increases, the first term tends to 
(a sin 90°) = a, and the second term to (0.1 sin 



45°) = 0.071. Hence for very large values of a 



\E\ = 3 + 0.071 

1 P6 ' 



(A7) 



In fact, the maximum value of a is restricted to 
unity. The first term in Equation (A6) is there- 
fore not entirely negligible and hence c<l!\/2 and 
u > t = (».360° ± T}), where tj>45°. The value of 
|£p s | is therefore slightly greater than given by 
Equation (A7). 

For intermediate values of a the value of 
|£ ps [ may be calculated by determining c from 
Equation (A4) (taking the positive sign for the 
square-root term), finding co p t = cos -1 c, and 
inserting this value into Equation (A2). The 
relationship between |£ ps | and a is shown in Fig. 
Al. For values of a greater than about 0.1, little 
error is introduced by using the simplified relation- 
ship of Equation (A7). 
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